Introduction
The 22.2 multichannel (22.2 ch) sound system [1] was developed to provide a highly immersive audio experience to the listener by reproducing fine three-dimensional (3D) sound features [2] . It consists of 24 channels three-dimensionally arranged among three layers as illustrated in Fig. 1 . NHK has adopted it as the sound system of 8K Super Hi-Vision and began test broadcasting of the advanced digital satellite broadcasting in Japan in August 2016, with the aim of going live with a practical service in 2018 [3] .
Concurrently with the preparation for advanced digital satellite broadcasting, the Ministry of Internal Affairs and Communications has been promoting research and development on the expansion of radio wave resources considering the rapid increase in the use of radio waves [4] . In response, NHK has been conducting research and development on nextgeneration terrestrial broadcasting systems and performing field experiments on 8K broadcasting [5] . In the present 22.2 ch sound satellite broadcasting, Moving Picture Experts Group (MPEG)-4 advanced audio coding (AAC) is adopted as an audio coding scheme [6, 7] . For next-generation terrestrial broadcasting systems, however, a more efficient audio coding scheme, appropriate for the forthcoming era of insufficient radio wave resources, is required. Hence, we have developed and standardized MPEG-H 3D Audio (3DA) [8] and are examining its performance as a candidate audio coding scheme for next-generation terrestrial broadcasting systems.
The purpose of this study is to estimate the required bit rate of 22.2 ch audio signals compressed by MPEG-H 3DA to meet broadcast quality. The audio quality of a compressed signal was subjectively evaluated and the results were statistically analyzed. The audio quality of MPEG-H 3DA was compared with that of MPEG-4 AAC to verify the advantage of using MPEG-H 3DA from the viewpoint of coding efficiency. [8] MPEG-H 3DA was standardized in 2015 as a new audio coding technology capable of efficiently compressing 3D audio signals, whose formats are channel-based sound, objectbased sound, and higher-order ambisonics, specified as advanced sound systems by International Telecommunication Union Radiocommunication Sector (ITU-R) [1] .
MPEG-H 3D Audio
Progress in the coding efficiency of MPEG-H 3DA is due to advanced perceptual coding technologies that are far beyond those implemented in AAC [9] . Functionalities useful to the listener are another prominent feature of MPEG-H 3DA. One is a renderer for the appropriate conversion of audio signals conforming with the reproduction loudspeaker layout. The other is a binaural processor to listen to 3D audio signals on headphones. Such functionalities allow the listener to conveniently experience immersive audio at home.
MPEG-H 3DA provides three profiles with different scopes. We selected the low complexity (LC) profile [10] in this study to reduce the complexity of the receiver.
Evaluation methodology
The evaluation methodology was the double-blind triplestimulus with hidden reference method specified in Rec. ITU-R BS.1116-3, designed to detect small impairments under rigorous control of the listening environment [11] . Listeners were asked to compare an open reference signal, which was a linear pulse code modulation (LPCM) signal, with items A and B. One of the items was a hidden reference, i.e., identical to the open reference, and the other was a compressed signal. The stimuli were evaluated regarding the difference in the basic audio quality from the open reference in terms of tone, S/N, sound envelopment, frequency range, loudness, and so forth. Then, the listeners were asked to give a score to each item from 1.0 to 5.0 on the five-grade impairment scale shown in Table 1 [11] . In this procedure, a score of 5.0 had to be given to the item judged to be the hidden reference. The listeners were allowed to listen as many times as needed.
Experimental conditions
We carried out the subjective evaluation in an acoustic evaluation room whose specifications strictly adhere to Rec. ITU-R BS.1116-3 [11] . In the room, a 22.2 ch sound reproduction system was constructed using RL 906 loudspeakers (Musikelectronic Geithain) placed in a cylindrical pattern. Note that the adopted loudspeaker arrangement was in full compliance with Rec. ITU-R BS.2051 [1] . The reproduction level, delay, and frequency response of each loudspeaker were adjusted and compensated at the listening point.
Ã e-mail: sugimoto.t-fg@nhk.or.jp Three contents were selected from 22.2 ch programs. As critical materials, we selected ''SL'' (steam locomotive) and ''Applause.'' ''Song,'' composed of a vocal and a big band, was selected from the viewpoint of a typical TV program. The signal format was LPCM with 48 kHz sampling frequency and 24 bit depth, hence the bit rate was approximately 25 Mbit/s. The reproduced sound pressure level (SPL) was about 75 dB (A-weighted) at the listening point.
The evaluated bit rates for a 22.2 ch audio signal compressed by MPEG-H 3DA were 288, 512, 704, 880, and 1,200 kbit/s. For comparison with the existing coding technology, we also evaluated the stimuli compressed by MPEG-4 AAC with LC profile [12] , which has been adopted for 22.2 ch sound broadcasting in Japan [6] . The MPEG-4 AAC codec used in this study was optimized for commercial use and is hereafter labeled as ''high quality (HQ).'' The audio quality of MPEG-4 AAC (HQ) is substantially improved from the ''reference model'' (RM), which was used in the standardization process as a minimum required version. We also evaluated MPEG-4 AAC (RM) to investigate the audio quality at lower bit rates which MPEG-4 AAC (HQ) does not support. Note that the used MPEG-H 3DA codec was a tuned version of the reference model, but there is still room to improve it for commercial use. All the used codecs were operated off-line, that is, non-real-time processing was carried out.
A total of 12 listeners in their 20s to 40s, all of whom were unfamiliar with coding technology development, participated in the evaluation. In the preliminary experiment, we confirmed that the coding impairment of the stimuli compressed by MPEG-4 AAC (HQ) at 704 and 880 kbit/s is apparently perceptible. Therefore, we regarded the listener whose correct answer rate for those stimuli is lower than 80% as an inappropriate person for the evaluation. As a result, two listeners were rejected in the post-screening process.
Experimental results

Audio quality of MPEG-H 3DA
Figures 2-4 show the experimental results for ''Song,'' ''SL,'' and ''Applause,'' respectively. Figure 5 shows the total of all three contents. The collected scores were converted to a difference in grade (Diff-Grade), which was obtained by subtracting the score for the hidden reference from that for the compressed signal. Diff-Grade was statistically analyzed and presented as a mean value and a 95% confidence interval. Rec. ITU-R BS.1548-4 prescribes that the critical material should generally have a mean value of Diff-Grade higher than À1 to meet the broadcast quality for digital broadcasting [13] , meaning that À1 is the target score when broadcasters evaluate whether their service quality is sufficient or not. In these figures, the area under À1 is shaded in to specify the bit rates not meeting the broadcast quality. On the basis of Rec. ITU-R BS.1548-4, it was found from the results that MPEG-H 3DA meets the broadcast quality at a bit rate higher than 512 kbit/s for every content. In addition, it is considered that the coding impairment becomes critically perceptible at a bit rate between 288 and 512 kbit/s.
Next, to analyze the difference between each bit rate, we applied a Tukey's test for multiple comparison and tested for a significant difference at a significance level of 0.05. Tables 2-5 show the results of a multiple comparison among evaluated bit rates for each content. The absolute difference in the mean value is presented and a pair with a significant difference is indicated with Ã.
From the results, no significant difference was found for ''Song.'' The result at 288 kbit/s was significantly different from that at 1,200 kbit/s for ''SL.'' For ''Applause'' and the total of all contents, the result at 288 kbit/s was always significantly different from those at the other bit rates. It is thus concluded that there is no significant difference in the audio quality between the bit rates higher than 512 kbit/s.
Comparison with MPEG-4 AAC
MPEG-4 AAC (HQ) always satisfies the broadcast quality at 1,200 kbit/s, whereas it does not meet the broadcast quality at the bit rates lower than or equal to 880 kbit/s. This result is consistent with the conclusion of our previous study [14] that a bit rate higher than or equal to 1,200 kbit/s is required to meet the broadcast quality. Diff-Grade for MPEG-4 AAC (RM) is below À2 for all conditions, meaning that it does not meet the broadcast quality for all the bit rates investigated in this study. These experiments show that MPEG-H 3DA meets the broadcast quality at a bit rate of about 1/50 of that of LPCM, whereas MPEG-4 AAC needs a bit rate of about 1/20 of that of LPCM, implying that the coding efficiency of MPEG-H 3DA is approximately 2.5 times higher than that of MPEG-4 AAC.
The high coding efficiency of MPEG-H 3DA is mainly due to a spectral restoration tool, a multichannel coding tool, and the extended unified speech and audio coding (USAC) tool [8, 10] . The spectral restoration tool, named as ''intelligent gap filling (IGF),'' compensates for the lack of frequency component in the case of low bit rate. The multichannel coding tool makes channel pairs suitable for the efficient bit allocation. The extended USAC tool encodes the audio signal by switching coding algorithm according to the content of the audio signal, e.g., music and speech. These tools effectively improve the decoded audio quality, particularly at low bit rate, resulting in the high coding efficiency of MPEG-H 3DA.
Conclusion
The bit rate of MPEG-H 3DA for a 22.2 ch audio signal that meets the broadcast quality was estimated to be higher than 512 kbit/s, which corresponds to about 1/50 of the bit rate of LPCM. Our next target is the development of a realtime encoding/decoding system to verify next-generation terrestrial broadcasting systems.
